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1 Introduction
The WI on LTE coverage enhancement was approved in RAN#60 with following additional agreements [1]

· Email discussion to start after RAN1#74 to see if consensus can be reached on down-selection of the enhancements to consider

· Online discussion from RAN1#74bis
In this document, we will discuss the pros and cons of the candidate solutions to improve the coverage for VoIP. Our views on the method for medium data rate PUCSH coverage enhancement will be conveyed in our companion contribution.
2 Discussion 
In the SI, numerous solutions as listed in the table below for VoIP coverage enhancement have been put forward and discussed from performance, specification impact and network impact aspects. Before going to online discussion, down-selection of the enhancement methods is required. No doubt, the solutions that perform best and have limited specification impact and network impact should be preferred for further discussion.

	Index
	Candidate Solutions 
	Can reach gain target?

	Solution 0
	Reduction of RTT to 12ms or less
	Yes

	Solution 1
	Increase of bundling size to 20 TTIs (with and w/o interleaving)
	No

	Solution 2
	Increase of bundling size to 10 TTIs
	No

	Solution 3
	Increase of bundling size to 8 TTIs (together with change of SPS interval to 24 ms)
	Yes

	Solution 4
	Increase of bundling size to 5 TTIs
	Yes

	Solution 5
	Use of flexible bundling size [8 4 4 4] TTIs
	Yes

	Solution 6
	PUCCH format3 structure
	-


2.1 Performance
According to the TTI bundling scheme of Rel.8, one VoIP packet can be transmitted at most 4 times given that the allowable uu interface delay is 52ms, and 16 TTIs can be accumulated for one VoIP packet. As the VoIP packet generation interval is 20ms, the maximum accumulated TTIs for one packet should be 20. So the obtainable gain in coverage will be about 1dB which should be used as the criterion for the performance evaluation.

For solution 0, as the reduction of the RTT, the number of accumulated TTIs within the delay budget (52ms, the same time span as that in Rel.8 TTI bundling scheme) of VoIP packet can come to 20. For solution 3 and solution 5, the number of accumulated TTIs for one VoIP packet can also reach 20, and even more for solution 3, thanks to the increment of bundling size. And the solution 5 achieves the similar performance gain by the combination of TTI bundling increment and RTT reduction. On the other hand, enhancement methods discussed above enjoy the similar time diversity gain as Rel.8 TTI bundling scheme, as the full transmissions span the approximate time range. Through the theory analysis we can conclude that the solution 0, solution 3, solution 4 and solution 5 can obtain the target gain, and evaluation results in SI [2] have also verified this conclusion.

The number of accumulated TTIs can also reach 20 for the solution 1(with and w/o TTI interleaving) and solution 2. However, if we use the formula d=var(X) to define the time diversity, where X is the sequence composed by the location of TTIs used for the full transmission of one packet, e.g. the X for Rel.8 TTI bundling scheme is [0 1 2 3 16 17 18 19 32 33 34 35 48 49 50 51], we can find that the value of d for the solutions is much smaller than that for Rel.8 TTI bundling scheme. And the lack of time diversity leads to the worse performance of the solutions.
2.2 Specification and network impact

The table below summarizes the specification impacts introduced by the candidate solutions for the VoIP coverage enhancement from bundling size, RTT, HARQ process number and the impact on SPS aspects using the Rel.8 TTI bundling scheme as baseline. From the table we can find that all candidate solutions will change the HARQ process number; and the bundling size is changed in all solutions except solution 0, and RTT is changed in solutions other than solution 3 and solution 5. Additional specification efforts are required in RAN1 and RAN2 to define the new operation and procedure that are brought in by the changes. At the network side, the scheduler of eNB will be complicated, as the change in RTT will improve the possibility of collision between UEs working in different RTT, and the increment in bundling size will impact the resource allocation flexibility.
SPS can sharply reduce the control channel overhead caused by the regular and frequent VoIP packets. So the impact of the solution on SPS operation should also be considered. The solution 3 requires extending the SPS interval to 24ms, which is longer than the VoIP packet generation period. Then the new generated VoIP packet may not be scheduled on time which will cause packet accumulation in UE buffer, and the QoS of VoIP may not be ensured.  The solution 5 may require one short time scale signaling (which may be conveyed in PDCCH or ePDCCH) for bundling size indication so as to exploit the benefit of flexible bundling size.  The requirement will impact the activation of SPS. 
	Index
	Bundling size 
	RTT
	HARQ process number
	Impact SPS or not

	Rel.8 Bundling scheme
	4
	16
	4
	-

	Solution 0
	4
	12
	3
	No

	Solution 1
	20
	20/40
	1/2
	No

	Solution 2
	10
	30
	3
	No

	Solution 3
	8
	16
	2
	Yes

	Solution 4
	5
	15
	3
	No

	Solution 5
	8&4
	16
	3
	Yes

	Solution 6
	-
	-
	-
	-


Proposal 1: considering both the performance and specification and network impacts, we propose to down-select the candidate enhancement methods for VoIP to solution 0(Reduction of RTT to 12ms or less), solution 4(Increase of bundling size to 5 TTIs) and solution 5(Use of flexible bundling size [8 4 4 4] TTIs) .
2.3 Additional spreading operation
In Rel.8 TTI bundling scheme, PUSCH structure is used and the coded symbols are repeated within the bundled TTIs. In SI one optimization method (the solution 6), i.e. Rel.10 PUCCH Format 3 like CDMA channelization for VoIP, was put forward. Given the same PRB resources, same number of TTIs and same number of bits to be transmitted, no evidence was shown to prove that the performance of PUCCH Format 3 like channel coding scheme overwhelms that of PUSCH; Time spreading used in PUCCH format 3 may create some orthogonal resources, however, the benefit of these resources can come true only when the same resources are used with the same format(i.e. bundling with PUCCH format 3) in the neighboring cell, and cooperation in resource allocation between cells is needed .

In contrary, the specification and network impact of this method is quite high. New packet size determination scheme has to be defined and the channel coding scheme, symbol mapping scheme and demodulation signal structure used in PUCCH format 3 have to be introduced for PUSCH. Time spreading procedure among bundled TTIs and corresponding orthogonal sequences have to be defined, and so does the orthogonal sequence allocation method among neighbor cells. 
Given the analysis above, we think it is necessary to further evaluate if the benefit of the solution worthy of the specification impacts introduced.

Proposal 2: The solution of using Release 10 PUCCH Format 3 like CDMA channelization for VoIP should be further evaluated.
3 Conclusions
In this contribution, we discuss the candidate coverage enhancement solutions for UL VoIP with the following proposals:
Proposal 1: considering both the performance and specification and network impacts, we propose to down-select the candidate enhancement methods for VoIP to solution 0(Reduction of RTT to 12ms or less), solution 4(Increase of bundling size to 5 TTIs) and solution 5(Use of flexible bundling size [8 4 4 4] TTIs) .
Proposal 2: The solution of using Release 10 PUCCH Format 3 like CDMA channelization for VoIP should be further evaluated.
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